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1-Abstract
In this paper, a new packetisation method for MPEG-4 video packets is proposed and analysed. This packetisation method is based on a new header compression scheme to compress headers of MPEG-4 video packets for streaming over UMTS. MPEG-4 header compression will not only make more efficient use of scarce wireless bandwidth but it will also improve the perceptual video quality and error robustness. In particular, it will make recovery from errors faster.
MPEG-4 video packet headers contribute a significant portion of video packet size, particularly when resynchronisation, header extension code and data partitioning error resilience options are switched on. The new header compression scheme is aimed at reducing the MPEG-4 video packet overheads and optimising the packetisation method for enhanced robustness. Preliminary results obtained from the experiments for this approach show an improvement in objective quality of up to 5 dBs, apart from the considerable savings in bandwidth. This paper will focus on the packetisation method for MPEG-4 video packets and features the improvements made for video quality achieved by the defined packetisation scheme.
2-Introduction
The evolution of Internet and mobile communications has increased the demand for multimedia presentation such as digital video streaming using end-to-end packet switching technology. 3G mobile systems are capable of supporting both packet-switched and circuit-switched data transmission at high data rates. Among these systems Universal Mobile Telecommunications Systems (UMTS) is the most important standard, which is being developed by the Third Generation Partnership Project (3GPP). Figure 1 shows the most important entities involved in 3G packet switched streaming [1] . All the wired and wireless links in these networks are IP based for video streaming. A problem with IP over wireless links is the overheads caused by large headers. Video data is generated in form of video packets, each packet containing video packet header, which is then carried using RTP (Real Time protocol), UDP (User Datagram Protocol), and IP. In this paper, a novel packetisation scheme for MPEG-4 video data is proposed, which will enable the compression of video packet headers, thus improving the subjective and objective video quality and saving wireless bandwidth.
MPEG-4 Encoding
MPEG-4 is an open standard, developed by the Moving Picture Experts Group (MPEG), a workgroup of the International Organization for Standardization (ISO) and the International Electro-technical Committee (IEC). MPEG-4 provides audio and video compression, making it possible to transmit high quality multimedia services over the low bandwidth wireless links.
The MPEG-4 encoded data stream is hierarchical. As shown in Figure 2 , a Video Object Plane (VOP) or video frame consists of a VOP header and several Video Packets (VP). MPEG-4 employs three different types of video object planes, namely, Intra-coded (I), Predictive-coded (P) and Bidirectionally predictive coded (B) VOPs. For error resilience, the encoder inserts periodically the synchronization markers in the encoded frame resulting in the formation of video packets. The frequency of insertion of resynchronization marker is flexible. In general, each video packet starts with a resynchronization marker. When an error is detected, the video decoder stops decoding and searches for the next resynchronization marker. Settings for packet sizes are discussed in section 3. 
MPEG-4 Video Frame and Video Packet Headers
VOP and VP headers contain a synchronization code and compression parameters. Each video frame starts with a start code. There are a number of start codes defined by MPEG-4 to make the decoding process clean and efficient [2] . Start codes are unique combination of bits that never occur in the video data. Each start code consists of a start code prefix followed by a start code value. The start code prefix is a string of twenty-three bits with the value zero followed by a single bit with the value one. The start code value is an eightbit integer, which identifies the type of start code. The VOP time parameter represents the number of seconds elapsed since the synchronization point marked by time stamp of the previously decoded I or P-VOP, in decoding order. As shown in Figure 3 (a), after the time parameter the VOP quantization is added. Apart from the start code each video frame contains resynchronisation markers at boundaries of the video packets. A resynchronisation marker is a binary string of at least 16 zero's followed by a one. It is added at approximately fixed bit intervals to increase the error resilience.
A VP header consists of Variable Length Coded (VLC) macro block number, quantization scale parameter and, an optional Header Extension Code (HEC) as shown is Figure 3 (b). Each VP is partitioned into two portions separated by a dc_marker (in case of I-VOPs) or a motion marker (in case of P-VOPs). The motion and VP header data is placed in the first part and the less important DCT data is placed in the second part of the VP. The dc marker is a 19 bit binary string, and the motion marker is a 17-bit binary string. It is present when the data partitioned flag is set to '1'. Typical length of VOP headers is 54 bits and VP headers are 34 bits long. These headers can be compressed to save bandwidth on the mobile air interface. Compression is possible due to the predictable nature of the parameters. Also, synchronization marker and frame start code are not needed, if the start of video packet coincides with the start of the RTP packet.
3-MPEG-4 Packetisation and Header Compression
Much of work has been carried out to find efficient and robust packetisation algorithms. Most of them either modify the standard IP protocols or involve complex algorithms using feedback channels adding overheads to the video packets [3, 4, 5] . We propose a simple packetisation method from the header compression point of view. The motivation behind finding a new packetisation scheme is twofold, to increase the quality of video streaming and to save the mobile air interface bandwidth. The MPEG-4 standard allows flexible video packet sizes from one macro-block per packet to one frame per packet. However, reducing the size of video packets increases the overheads due to packet headers. On the other hand, large video packet sizes reduce the error resilience. Traditionally, a video packet size of approximately 750 bits is considered to be appropriate. The video quality can be improved and bandwidth saved by transmitting video data in smallest possible packet sizes, and compressing the headers at an appropriate location in the network prior to most error prone part of the transmission links. Without header compression, small VPs are impractical due to too large overheads (up to 40%).
Header compression in UMTS is done in PDCP (Packet Data Convergence Protocol) layer based in the RNC (Radio Network Controller) [6] . At present, RFC-3095 is the recommended standard to compress RTP/UDP/IP packet headers [7] . The analysis of MPEG-4 video packet headers in the above section suggests that most of header fields can be compressed, if one video packet is encapsulated within one RTP/UDP/IP packet. This motivates the design of a new profile for the compression of MPEG-4 video packet and frame headers. It will ensure that MPEG-4 decoder will never lose synchronization markers. Once the synchronization points are guaranteed in the sequence, any type of concealment can be used to recover the lost data in case of errors between the synchronization boundaries. The shorter the distance between two synchronization markers, the better the recovery from the errors. This scheme can work well for any type of transmission errors.
Many methods for error concealment are available and it is considered an important component of any error robust video codec. However, all the error resilience tools and the error concealment strategies rely on the performance of the resynchronization scheme. In fact, if error localization can be achieved by effective resynchronization method then the error In all experiments in the next section, a simple concealment strategy of copying blocks from the previous frame is used.
The above discussion suggests to choose the video packet size as minimum as possible. So we propose packetisation at macro-block level, ideally one MB (Macro Block) per VP. This enhances the perceptual video quality in case of errors, because loss of motion data of one macro-block has much less effect compared to loss of motion data of several macroblocks.
Experiments
Two video sequences, 'carphone' and 'foreman' are encoded at target channel bit rates of about 60 kb/s using the Microsoft reference MPEG-4 software. Only the first frame of the sequence is coded as an intra-frame and all subsequent frames are coded as inter-frames. The first frame is always considered to be error free. AIR is implemented as recommended in standard [8] . The other parameters are listed in Table 1 . The objective is to find the video packet size that gives the best video quality at a given transmission bandwidth. In all cases, one video packet is transmitted at a time. Different video packet sizes have been tested. The packet size here includes only the RTP-MPEG-4 payload header and not the RTP, UDP and IP headers, which will be required to form the IP datagram that will then be transmitted over the Internet and UMTS.
Since the framework of the new profile for compressing the MPEG-4 video packet headers is under development, it is assumed for the time being that all the VOP and VP headers are compressed at the transmitter and are decompressed without any error at the receiver. Referring to section 2.2, this assumption is valid to a great extent as most of the headers fields are static, known, or incremental in nature. The motion marker is not compressed and is exposed to errors. The overall bit rate varies with packet size as given in Table 2 . Using a smaller maximum packet size causes an increase in encoding bit rate as more video packets are generated, resulting in an increase in header information. These headers, except the motion marker, are compressed during transmission. Actual transmission rates over wireless links are almost identical. Table 2 Variation of encoded bit rate with average packet size for 126 frames of 'carphone' sequence at target transmission bit rate of about 60 kb/s.
Parameter
The scheme described above is tested on simulated UMTS dedicated channel for a single user [9] . The core network of UMTS is built on GSM; however, the air interface is based upon W-CDMA technology. The tests were carried out using the spreading factor of 32 for a pedestrians mobile user at different transmission powers. The convolution code rate is set to 1/3 with no transmit time diversity. Each test was run 30 times. If there is an error in the video packet header or in the motion part of the packet, then the whole packet is discarded and blocks are copied from the previous frame Figure 4 shows the objective quality of the 'foreman' sequence for different video packet sizes for compressed headers and without compressing the headers, when transmitted over the UMTS simulated dedicated channel. The legend 'cmp' in Figure 4 means 'compressed headers' followed by the video packet size in bits, and 'uncmp' means 'header compression not performed'. The maximum achieved performance is for the smallest possible video packet size of 120 bits with header compression performed. As the video packet size increases, the video quality drops as shown in Figure 5 . For the video packet size of 4000 bits, which is maximum achievable video packet size for this sequence, the performance at low power conditions is similar to one without header compression. The error free performance of large video packets is better than small video packets due to large overheads with small video packets. However, there is significant improvement of about 4. Figure 4 Significant improvement in objective quality due to header compression with simple concealment. Foreman, QCIF, 126 frames, 10 fps, all error resilience options 'on', CIR=3, AIR=3, transmission rate=60 kb/s. UMTS DCH (Dedicated Channel), SF=32, pedestrian, 1/3 convolution code.
5-Results
Video Packet Size (bits) PSNR (dBs) Figure 5 Video quality for the compressed header foreman sequence at E b /N o =5 dB, corresponding to 15% error rate, for different video packet sizes. Figure 6 Significant improvement in objective quality due to header compression with simple concealment. Carphone, QCIF, 126 frames, 10 fps, all error resilience options 'on', CIR=3, AIR=3, transmission rate=60 kb/s. UMTS DCH (Dedicated Channel), SF=32, pedestrian, 1/3 convolution code. without the header compression is shown in Figures 7 and 8 . The video quality for the smallest VP size of 120 bits with header compression is best among all other cases.
6-Conclusion
In this paper a novel packetisation scheme for MPEG-4 video streaming over mobile networks is proposed. The analysis of the video frame and video packet headers is performed and it is concluded that there is significant redundancy present in the fields of consecutive packets headers. Video packets are generated with minimum possible packet size, and one video packet is transmitted at a time so that synchronisation coincides with the packet boundaries, that can make MPEG-4 header compression possible in an appropriate location during the transmission such as PDCP layer of UMTS air interface. Using this scheme, there is an improvement of up to 5 dBs in objective quality in bad channel conditions. It achieves improved bandwidth efficiency and improved error resilience.
Other advantages achieved are the fast recovery from errors and improved subjective quality. Furthermore, since the synchronization markers are free from errors, any type of future concealment method can easily be deployed. The future work includes designing a new profile under the framework of IETF for the compression of MPEG-4 headers.
